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DESCRIPTION 



SPEECH CODER AND SPEECH CODING METHOD 



5 Technical Field 

The present invention relates to a speech coder and 
speech coding method used for a communication apparatus 
in a radio communication system such as car telephone 
and cellular telephone. 



Background Art 

In the field of radio communication systems, which 
is drastically growing in demand in recent years, the 
development of apparatuses capable of coding speech at 
15 a low bit rate and with high quality is underway for the 
effective utilization of radio wave resources. 

FiG.l is a block diagram showing a configuration 
of a conventional speech coder. 



20 separates an input signal into a speech section and 
non-speech section and detects signals outside the 
speech section as background noise. Noise model 
estimation section 12 estimates a noise model such as 
an amplitude frequency characteristic of a noise signal 

25 in the noise section detected by noise section detection 
section 11. 

Noise elimination section 13 eliminates noise from 
the input signal using the noise model estimated by noise 
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In FIG.l, 



noise section detection section 11 



model estimation section 12. When an amplitude 
frequency characteristic is used as the noise model, it 
is possible to eliminate noise using a spectral 
subtraction method, etc. Information on noise 
elimination processing is described in the Unexamined 
Japanese Patent Publication No.HEI 10-133689 and the 
Unexamined Japanese Patent Publication No . HE I 10-187193, 
etc . 

Speech analysis section 14 analyzes the signal 
stripped of noise, which is the output of noise 
elimination section 13, and extracts parameters. 

Parameter quantization section 15 quantizes the 
parameters extracted by speech analysis section 14 and 
extracts and outputs a code corresponding to a minimum 
error based on one scale represented by an Euclidean 
distance as a code corresponding to the quantized value. 

As shown above, the conventional speech coder 
implements speech coding at a low bit rate and with high 
quality by eliminating the noise signal component from 
the input signal and extracting parameters specific to 
the speech signal. 

However, the conventional speech coder above has 
noise signal component elimination processing 
independent of speech coding processing, and therefore 
the ability to eliminate the noise signal component is 
greatly dependent on the accuracy of a noise model, thus 
having a problem that the quality deteriorates in a 
background noise environment. 
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Disclosure of Invention 

It is an object of the present invention to provide 
a speech coder and speech coding method less dependent 
on the accuracy of a noise model, resistant to a noise 
signal component and capable of implementing high 
quality speech coding processing even in a background 
noise environment. 

This object is attained by executing parameter 
quantization using the magnitude of noise or noise model 
and information source model. 



■ m Brief Description of Drawings 

H FIG.l is a block diagram showing a configuration 

15 of a conventional speech coder; 
^ FIG. 2 is a block diagram showing a configuration 

of a speech coder according to Embodiment 1 of the present 
invention; 

FIG. 3 is a block diagram showing an internal 
20 configuration of a parameter quantization section of the 
speech coder according to the embodiment above; 

FIG. 4 is a block diagram showing a configuration 
of a speech coder according to Embodiment 2 of the present 
invention ; 

25 FIG. 5 is a block diagram showing an internal 

configuration of a parameter quantization section of the 
speech coder according to Embodiment 2 of the present 
invention ; 



FIG. 6 is a block diagram showing an internal 
configuration of a parameter quantization section of a 
speech coder according to Embodiment 3 of the present 
invention; and 

FIG. 7 is a block diagram showing an internal 
configuration of a parameter quantization section of a 
speech coder according to Embodiment 4 of the present 
invention . 

Best Mode for Carrying out the Invention 

With reference now to the attached drawings, 
embodiments of the present invention will be explained 
below. 

(Embodiment 1) 

FIG. 2 is a block diagram showing a configuration 
of a speech coder according to Embodiment 1 of the present 
invention . 

In FIG.2, noise section detection section 101 
separates an input signal into a speech section and 
non-speech section and detects signals outside the 
speech section as background noise. Noise level 
estimation section 102 estimates the noise level 
(magnitude of noise) in the noise section detected by 
noise section detection section 101. 

Information source model storage section 103 
stores an information source model, which models a 



parameter string for a speech input signal without noise. 
Speech analysis section 104 analyzes the input signal 
and extracts parameters . 

Parameter quantization section 105 quantizes the 
parameters extracted by speech analysis section 104 
based on the information source model and noise level 
and outputs a code corresponding to the quantized value. 

FIG. 3 is a block diagram showing an internal 
configuration of parameter quantization section 105 of 
the speech coder according to this embodiment. 

In FIG. 3, tolerance level determinator 201 
determines a tolerance according to the noise level 
estimated by noise level estimation section 102. 

Codebook 202 stores quantized values corresponding 
to transmission codes. Code extractor 203 extracts 
codes whose errors from the parameters extracted by 
speech analysis section 104 are equal to or less than 
the tolerance from codebook 202. 

Code selector 204 selects the most likely code as 
a transmission code from among the codes extracted by 
code extractor 203 based on the information source model. 

Thus, by extracting transmission code candidates 
from parameters according to a noise level and 
determining a final transmission code based on the 
information source model, it is possible to implement 
speech coding processing resistant to a noise signal 
component and of high quality even in a background noise 
environment without deteriorating the performance for 
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signals without noise. 

( Embodiment 2 ) 

FIG. 4 is a block diagram showing a configuration 
5 of a speech coder according to Embodiment 2 of the present 
invention. The speech coder in FIG. 4 adopts a 
configuration including noise model estimation section 
301 instead of noise level estimation section 102 
compared to FIG. 2. 
10 In the speech coder in FIG. 4, the components common 

to those in FIG. 2 are assigned the same reference 
numerals as those in FIG. 2 and explanations thereof are 
omitted . 

Noise model estimation section 301 estimates a 
15 noise model such as an amplitude frequency 

characteristic of a noise signal in the noise section 
detected by noise section detection section 101. 

Parameter quantization section 105 quantizes 
parameters extracted by speech analysis section 104 
20 based on the likelihood of the parameter string obtained 
from the information source model and noise model and 
outputs the code corresponding to the quantized value. 

FIG. 5 is a block diagram showing an internal 
configuration of parameter quantization section 105 of 
25 the speech coder according to this embodiment. 

Parameter quantization section 105 in FIG. 5 adopts a 
configuration including tolerance range determinator 
401 instead of tolerance level determinator 201 compared 
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to FIG. 3. 

In the parameter quantization section 105 in FIG. 5, 
the components common to those in FIG. 3 are assigned the 
same reference numerals as those in FIG. 2 and 
5 explanations thereof are omitted. 

Tolerance range determinator 201 in FIG. 5 
determines the range of tolerance based on the noise 
model estimated by noise model estimation section 301. 
By taking into account the noise model, it is possible 
10 to set a variance of the noise superimposing level for 
every element in vector quantization. 

Code extractor 203 extracts codes whose errors from 
parameters extracted by speech analysis section 104 fall 
within the tolerance range from codebook 202. 
15 Thus, by extracting transmission code candidates 

from parameters according to a noise model and 
determining a final transmission code based on the 
information source model, it is possible to implement 
speech coding processing of higher quality than the case 
20 where the noise level is used. 

(Embodiment 3) 

FIG. 6 is a block diagram showing an internal 
configuration of a parameter quantization section 105 
25 of a speech coder according to Embodiment 3 of the present 
invention . 

The configuration of the speech coder according to 
this embodiment is the same as the configuration of the 



speech coder shown in FIG. 2 of Embodiment 1, and 
therefore explanations thereof are omitted. 

In FIG.6, error calculation weighting determinator 
501 determines weighting on each parameter element in 
calculating an error between an input parameter and 
quantized value based on the noise level and information 
source model estimated by noise level estimation section 
102. 

For example, when noise excitation is coded 
according to a CELP speech coding system, weighting is 
performed in such a way that a parameter element error 
value having a correlation with the power envelope of 
the adaptive excitation is reduced. 

Codebook 502 stores quantized values corresponding 
to transmission codes. Quantizer 503 quantizes 
parameters extracted by speech analysis section 104 
according to the weighting determined by error 
calculation weighting determinator 501 using codebook 
502 . 

Thus, by performing weighting on each parameter 
element based on a noise level and information source 
model and quantizing parameters, it is possible to 
implement speech coding processing resistant to a noise 
signal component and of high quality even in a background 
noise environment without deteriorating the performance 
for signals without noise. 

The explanation above describes the case where a 
noise level is used, but this embodiment can also perform 



weighting processing using the noise model described in 
Embodiment 2 . 

(Embodiment 4) 

FIG. 7 is a block diagram showing an internal 
configuration of parameter quantization section 105 of 
a speech coder according to Embodiment 4 of the present 
invention . 

The configuration of the speech coder according to 
this embodiment is the same as the configuration of the 
speech coder shown in FIG. 2 of Embodiment 1, and 
therefore explanations thereof are omitted. 

In FIG. 7, code appearance probability calculator 
601 estimates the probability that parameter quantized 
values will appear when no noise is included in an input 
signal from the noise level estimated by noise level 
estimation section 102 and an information source model. 

Codebook 602 stores quantized values corresponding 
to transmission codes. Quantizer 603 quantizes 
parameters extracted by speech analysis section 104 
according to the likelihood of the appearance 
probability estimated by code appearance probability 
calculator 601 combined with an error value using 
codebook 602. 

Thus, by estimating the appearance probability of 
parameter quantized values and quantizing parameters 
based on a noise level and information source model, it 
is possible to implement speech coding processing 



resistant to a noise signal component and of high quality 
even in a background noise environment without 
deteriorating the performance for signals without noise. 

The explanation above describes the case where a 
noise level is used, but this embodiment can also perform 
weighting processing using the noise model described in 
Embodiment 2. 

As described above, the speech coder and speech 
coding method of the present invention can implement 
speech coding processing less dependent on the accuracy 
of a noise model, resistant to a noise signal component 
and of high quality even in a background noise 
environment . 

This application is based on the Japanese Patent 
Application No.HEI 11-281466 filed on October 1, 1999, 
entire content of which is expressly incorporated by 
reference herein. 

Industrial Applicability 

The present invention is ideally applicable to a 
communication apparatus in a radio communication system 
such as car telephone and cellular telephone. 
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What is claimed is: 

1. A speech coder comprising: 

noise section detecting means for detecting the 
5 noise section of an input signal; 

noise level estimating means for estimating the 
magnitude of noise in the detected noise section; 

information source model storing means for storing 
an information source model that models a parameter 
10 string for a speech input signal without noise; 

speech analyzing means for analyzing the input 
signal and extracting parameters; and 

parameter quantizing means for quantizing said 
extracted parameters based on said information source 
15 model and the magnitude of said noise and outputting a 
code corresponding to the quantized value. 

2. The speech coder according to claim 1, wherein the 
parameter quantizing means determines a tolerance 

20 according to the magnitude of noise, extracts codes whose 
errors from the parameters are equal to or less than said 
tolerance and selects the most likely code as a 
transmission code from among said extracted codes based 
on the information source model. 

25 

3. The speech coder according to claim 1, wherein the 
parameter quantizing means determines weighting on each 
parameter element when an error between the input 



parameter and quantized value is calculated based on the 
magnitude of noise and information source model and 
quantizes the parameter according to this determined 
weighting . 

4. The speech coder according to claim 1, wherein the 
parameter quantizing means estimates the appearance 
probability of the parameter quantized value from the 
magnitude of noise and information source model when the 
input signal contains no noise and quantizes the 
parameter according to the likelihood of this estimated 
appearance probability combined with the error value. 

5. A speech coder comprising: 

noise section detecting means for detecting the 
noise section of an input signal; 

noise model estimating means for estimating a noise 
model in the detected noise section; 

information source model storing means for storing 
an information source model that models a parameter 
string for a speech input signal without noise; 

speech analyzing means for analyzing the input 
signal and extracting parameters; and 

parameter quantizing means for quantizing said 
extracted parameters based on said information source 
model and said noise model and outputting a code 
corresponding to the quantized value. 



6. The speech coder according to claim 5, wherein the 
parameter quantizing means determines a tolerance range 
based on the noise model, extracts codes whose errors 
from the parameters are equal to or less than said 
tolerance and selects the most likely code as a 
transmission code from among said extracted codes based 
on the information source model. 

7. The speech coder according to claim 5, wherein the 
parameter quantizing means determines weighting on each 
parameter element when an error between the input 
parameter and quantized value is calculated based on the 
noise model and information source model and quantizes 
the parameter according to this determined weighting. 

8. The speech coder according to claim 5, wherein the 
parameter quantizing means estimates the appearance 
probability of a parameter quantized value when the input 
signal contains no noise from the noise model and 
information source model and quantizes the parameter 
according to the likelihood of this estimated appearance 
probability combined with the error value. 

9 . A radio communication apparatus equipped with a speech 
coder, said speech coder comprising: 

noise section detecting means for detecting the 
noise section of an input signal; 

noise level estimating means for estimating the 



magnitude of noise in the detected noise section; 

information source model storing means for storing 
an information source model that models a parameter 
string for a speech input signal without noise; 

speech analyzing means for analyzing the input 
signal and extracting parameters; and 

parameter quantizing means for quantizing said 
extracted parameters based on said information source 
model and the magnitude of said noise and outputting a 
code corresponding to the quantized value. 

10. A speech coding method comprising the steps of: 

detecting the noise section of an input signal; 

estimating the magnitude of noise in the detected 
noise section; 

analyzing the input signal and extracting 
parameters; and 

quantizing said extracted parameters based on said 
information source model that models the parameter 
string for the speech input signal without noise and the 
magnitude of said noise and outputting a code 
corresponding to the quantized value. 

11. A speech coding method comprising: 

detecting the noise section of an input signal; 
estimating a noise model in the detected noise 
section ; 

analyzing the input signal and extracting 



parameters; and 

quantizing said extracted parameters based on the 
information source model that models a parameter string 
corresponding to the speech input signal without noise 
and said noise model and outputting a code corresponding 
to the quantized value. 

12. A mechanically-readable recording medium storing a 
speech coding program that makes a computer execute the 
steps of: 

detecting the noise section of an input signal; 

estimating the magnitude of noise in the detected 
noise section; 

analyzing the input signal and extracting 
parameters; and 

quantizing said extracted parameters based on the 
information source model that models a parameter string 
for the speech input signal without noise and the 
magnitude of said noise and outputting a code 
corresponding to the quantized value. 

13. A mechanically-readable recording medium storing a 
speech coding program that makes a computer execute the 
steps of: 

detecting the noise section of an input signal; 
estimating a noise model in the detected noise 
section ; 

analyzing the input signal and extracting 



parameters; and 

quantizing said extracted parameters based on the 
information source model that models a parameter string 
corresponding to the speech input signal without noise 
and said noise model and outputting a code corresponding 
to the quantized value. 
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ABSTRACT 

Noise section detection section 101 separates an 
input signal into a speech section and non-speech section, 
5 and detects signals outside the speech section as 

background noise. Noise level estimation section 102 
estimates the noise level in the noise section. 
Information source model storage section 103 stores an 
information source model that models a parameter string 

10 for the speech input signal without noise. Speech 
analysis section 104 analyzes the input signal and 
extracts parameters. Parameter quantization section 
105 quantizes the parameters extracted by speech 
analysis section 104 based on the information source 

15 model and noise level and outputs a code corresponding 
to the quantized value. This makes it possible to 
implement speech coding processing less dependent on the 
accuracy of a noise model, resistant to a noise signal 
component and of high quality even in a background noise 

20 environment. 
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address, including country) 










t 

f ' 
ll 

1 


Typewritten Full Name 
of Sole or First Inventor 

Inventor's Signature 












Given Name 


Middle Name 


Family Name 


i 


Date of Signature 














Month 


Day 


Year 




Residence 














City 




State or Province 


Country 


lie 


Citizenship 










18c 


Post Office Address 
(Insert complete mailing 
address, including country) 




















■'■ 13d 


Typewritten Full Name 
of Sole or First Inventor 














Given Name 


Middle Name 


Family Name 


14d 


Inventor's Signature 










15d 


Date of Signature 














Month 


Day 


Year 


16d 


Residence 














City 




State or Province 


Country 


17d 


Citizenship 











*Note to Inventor: Please sign r 
is page for identification and signatures f 
STEVENS, DAVIS, MILLER & MOSHER, L.L.P. 



